Mobile hotspots are a promising trend to offer ubiquitous multimedia services even in public transit vehicles such as buses, trains, and airplanes. However, it is very challenging due to high mobility, fast channel fading, and stringent multimedia quality-of-service (QoS) constraints. Effective admission control is necessary to limit the admitted traffic so that accepted users are provided QoS guarantee. In this paper, we develop a comprehensive analytical framework for the performance of interactive data service and conversational video service in mobile hotspots with heterogeneous wireless technologies. We jointly consider the contention-based wireless local area network (WLAN) at the link layer, the highly varying wireless wide area network (WWAN) due to vehicle mobility and multipath fading, adaptive modulation and coding for the WWAN link at the physical layer, and batch packet arrivals of video traffic at the application layer. Based on the analytical approach, the maximum numbers of users are derived for QoS assurance. Simulation results verified the validity of the analysis. Numerical results demonstrated the effectiveness of the analytical approach for admission control and the effects of network parameters such as the traffic buffer size and the transmission distance.
Introduction
The rapid advance and breakthrough of wireless technologies are well supporting the establishment of pervasive wireless infrastructure. Wireless local area networks (WLAN) are now widely deployed in hotspot areas, e.g., offices, airports, cafés, and hotels. The mainstream handheld wireless devices such as smartphones, laptops, and tablets are equipped with built-in WLAN interfaces. Internet access can be enabled by integrating the WLAN with wireless wide area networks (WWAN), such as the long-term evolution (LTE) cellular networks and IEEE 802.16 wireless metropolitan area networks, also known as WiMAX for worldwide interoperability for microwave access. The indoor hotspots usually serve slow-moving or static users in a residential or business environment. speed was approximately 500 to 600 kbit/s for downloads and 300 kbit/s for uploads [3] . Red Ball Internet (http://www.redballinternet.com) is another solution for high-rate data connectivity in mobile hotspots. It employs IEEE 802.20 broadband wireless access with high-capacity spatial division multiple access (HC-SDMA).
To offer multimedia services in mobile hotspots, many challenging issues need to be addressed due to high mobility and fast channel fading. A link adaptation scheme is developed in [4] for the WiMAX-based downlink of the mobile hotspot between the WiMAX BS and the AP mounted in the vehicle. Both the BS and AP are equipped with the multiple input and multiple output (MIMO) antenna system. The proposed adaptation algorithm selects an appropriate burst profile for the MIMO transmission mode and the modulation and coding settings to maximize downlink throughput. Another linklayer solution for mobile hotspots is discussed in [5] . It is based on a novel architecture called information raining, in which a number of repeaters are placed along the railway track and multiple antennas are installed on the roof of coaches. Downlink packets are decomposed into smaller fragments and relayed to the vehicle via multiple adjacent repeaters. A heuristic algorithm matches repeaters with antennas to optimize the throughput.
The network-layer routing and mobility issues are addressed in [6] for mobile hotspots. The authors evaluate two solutions, namely, the network mobility basic support protocol (NEMO) [7] and the session initiation protocol (SIP) [8] . As an application-layer solution, the SIP-based approach is observed to feature easy deployment but suffer from long handoff latency. The transportlayer throughput of TCP-friendly rate control is analyzed in [2] for mobile hotspots. The results reveal the effects of link bandwidth, retransmission limit, buffer size, vehicle velocity, and the number of users. A cross-layer approach is proposed in [9] for video transmission in a metro passenger information system based on IEEE 802.11p, also known as wireless access in vehicular environments (WAVE). Focusing on the train-ground link, the authors jointly consider video coding parameters and handoff decisions to minimize video distortion.
We notice that many previous studies [4, 5, 9] focus on the wireless section between the AP of the mobile hotspot and the BS. As shown in Figure 1 , the two-hop relay can not only facilitate easy implementation but also benefit end users. Pack et al. address both the WLAN and WWAN links with heterogeneous characteristics in [1, 2] . A Rayleigh fading channel is considered for the dedicated WWAN link. The error process at the packet level is characterized by a two-state Markov model. The WLAN downlink and uplink within the mobile hotspot are modeled as a discrete-time M/M/1/K queue and a discrete-time M/M/1 queue, respectively. Although the performance analysis targets at multimedia streaming flows, the traffic characteristics under study are relatively simplified. http://jwcn.eurasipjournals.com/content/2013/1/142
The statistics collected from Allot's worldwide mobile operator customers show that video streaming, file sharing, and Web browsing are three types of major applications for mobile data bandwidth usage [10] . Voice over IP (VoIP) and Instant Messaging (IM) have gained additional share and continue to be the fastest-growing application type. To provide high-quality multimedia services in the mobile hotspot, it is essential to limit the number of admitted users. Hence, we first develop a comprehensive analytical framework to evaluate the performance of integrated multimedia services in mobile hotspots. Our analysis focuses on both video and data services and takes into account the unique traffic characteristics of different services, such as on-off flow dynamics and burst arrival nature of video traffic. A closed queueing network with multiple classes is used to model multi-service flows and contention-based random access of the WLAN link. On the other hand, we assume that the WWAN link is subject to Nakagami fading and modeled by a finitestate Markov chain (FSMC) when adaptive modulation and coding (AMC) is used to address channel variation. Then we apply the analytical framework to determine the number of videos and data users that can be admitted to the mobile hotspot with acceptable quality of service (QoS). The effective numerical evaluation enables adaptive admission control with varying user traffic.
The remainder of this paper is organized as follows. In Section 2 and Section 3, we introduce the network model and traffic model for this study, respectively. To enable an effective admission control, an analytical framework is developed in Section 4. Numerical results are discussed in Section 5, followed by Conclusions in Section 6.
Channel models for two-hop heterogeneous mobile hotspots
In this work, we consider a mobile hotspot shown in Figure 1 . The two-hop relay structure not only facilitates easy implementation but also takes advantage of the complementary strengths of the WLAN and WWAN technologies. On one hand, since end users within the moving vehicle are relatively stationary to the AP, the lightweightdesigned WLAN is sufficient to provide a reliable highrate transmission. On the other hand, the ubiquitous and large-area coverage of WWAN provides enhanced mobility support. Different from ordinary mobile stations, the AP can afford more complex design such as the multiantenna system [4] because of the larger physical dimensions and less power constraints. As compared to the direct connection between end users and the BS, the twohop relay can relieve the energy consumption for end users and share the powerful transmission facility of the AP [1] . Moreover, the multi-user traffic from a mobile hotspot can be multiplexed at the AP before relayed toward the BS. The multiplexing gain can be exploited to reduce resource occupancy.
Overview of mobile hotspot modeling
There are many previous studies that analyze the performance of mobile hotspots through simulations or measurements. These experimental results reveal the fundamental insights on the impact of various system configurations. Nonetheless, numerical evaluation is necessary to facilitate adaptation with dynamic traffic and network conditions. An effective analytical framework is proposed in [1, 2] to evaluate the throughput and packet loss of mobile hotspots. In this paper, we further extend the performance analysis to multimedia services with unique traffic characteristics and apply more generic channel models for the two-hop heterogeneous links of mobile hotspots. Before introducing the details, we would briefly discuss the modeling rationale and present an outline of the combination of these models for performance analysis. In Section 2.2, the WLAN channel is modeled with saturated data traffic and non-saturated video traffic [11] . The access delays of video and data packets are then captured by state-dependent geometric distributions. On the other hand, the WWAN link is assumed to experience Nakagami fading [12] and use AMC to address channel variation. In Section 2.3, a FSMC for the WWAN link is introduced for completeness [13] . In Section 3, we present the flow-level and packet-level models of multimedia traffic. As defined in Section 3.1, users are assumed to alternate between 'on' and 'off' phases. During the on phase, data users are saturated with packets to transmit. The packet-level video traffic is non-saturated and features a burst arrival structure as shown in Section 3.2. Furthermore, the multi-user traffic from the mobile hotspot can be aggregated at the AP before it is relayed toward the BS. The aggregate traffic is modeled by a Markov-modulated fluid [14] in Section 3.3.
Based on the system model of mobile hotspots in Section 3, we analytically evaluate the flow-level performance in terms of data response time and packet-level delay and loss probability in Section 4. In Section 4.1, the steady-state probabilities of multimedia flows and data response time are analyzed with a multi-class closed queueing network, which combines the on-off flow model and the WLAN channel model. 
Here, the packet service time is defined as the time duration from the moment that a packet becomes the head of a node's sending queue to the instant that it finishes transmission. As data files are usually pre-stored at application servers, we assume saturated traffic for data service. In contrast, the packets from a video flow are non-saturated and arrive at a mean rate of λ v . When a video flow transmits in a slot, a collision happens if any other video or data flow transmits in the same slot. The collision probability p v is given by
where τ v and τ d are the transmission probabilities of a video flow and a data flow in a slot, respectively, which are given by Equations 6 and 7 in [11] . They depend on the initial backoff window, retransmission limit, and maximum backoff stage. Similarly, the collision probability of a data flow sending in a slot is
In solving the four equations for p v , p d , τ v , and τ d , we obtain these four unknown variables. Let T sv and T sd denote the time durations of a successful packet transmission for a video flow and a data flow, respectively. The corresponding collision durations are denoted by T cv and T cd . Then the average packet service time, including the transmission time, backoff time, and collision time, is obtained as
where n c is the average number of video/data flows involved in a collision, (3) and (4), interested readers can refer to Equations 8 and 9 of [11] . In [15, 16] , the authors demonstrate the nearmemoryless behavior of the packet service time, which can be accurately approximated by an exponential distribution or a geometric distribution. To enable a discrete-time analysis, we use a small time unit τ p to discretize the time scale. Then, we have the following probability mass function (PMF) of a geometric distribution to model the video packet service time S v (n v , n d ) with n v active video users and n d active data users
Similarly, the data packet service time
FSMC model for WWAN channel with Nakagami fading and AMC
The WWAN link between the AP and the BS is highly varying and fast fading due to the high velocity of the vehicle. According to the channel fading analysis based on empirical measurements in [12] , we assume that the WWAN link is a non-line-of-sight multipath fading channel, which exhibits Nakagami flat fading with additive white Gaussian noise (AWGN) [17] . The received signal at time slot k is denoted by
, where x is the transmitted signal, n is an AWGN noise, and f is the random fading amplitude. The marginal distribution of f follows a Nakagami distribution with a probability density function (PDF) given by [18] 
where (·) is the Gamma function, α is the fading amplitude,
is the second moment or local mean power, and m is the parameter indicating fading severity, given by
With m = 1, Equation 6 becomes the Rayleigh distribution. When 0.5 ≤ m < 1, the channel fading is more severe than Rayleigh fading. While m > 1, the fading is less severe than Rayleigh fading. When m → ∞, the distribution becomes an impulse, which means there is no http://jwcn.eurasipjournals.com/content/2013/1/142 fading at all. The received signal-to-noise ratio (SNR) over the Nakagami fading channel follows a gamma distribution with a PDF given by (8) where m is the shape parameter, γ /m is the scale parameter, and γ is the average received SNR which depends on the large-scale fading such as path loss. Considering a logdistance model (Chapter 3 in [19] ), we have the average SNR (in dB) at a transmitter-receiver distance d as follows:
where γ (d 0 ) is the average SNR at a reference distance d 0 , and κ is the path loss exponent.
To enhance transmission performance, AMC has been widely used to match transmission modes with timevarying channel conditions [18] . Given N transmission modes, the SNR range is partitioned into (N + 1) non-overlapping consecutive intervals, with the boundaries denoted by γ n , n = 0, 1, ...N + 1, where γ 0 = 0 and γ N+1 = +∞. The transmission mode n is chosen when γ n ≤ γ < γ n+1 . As an example, Table 1 shows the profiles of five transmission modes, where β n is the modulation and coding rate in terms of bits/symbol for mode n. To avoid deep fades, when γ 0 ≤ γ < γ 1 , mode 0 is assumed to have a transmission rate β 0 = 0.
Assume that the AMC is applied frame by frame over a constant duration τ f and channel state transitions only happen between adjacent states. Then, the WWAN mobile channel is characterized by an FSMC model, which is defined by an (N + 1) × (N + 1) state transition probability matrix P c [20] . The infinitesimal generating matrix of the corresponding continuous-time Markov process is given by B c = (1/τ f )(P c − I N+1 ), where I N+1 is an identity matrix. It is worth mentioning that motion results in Doppler frequency shift in the received signal, while Doppler shift in turn affects the level crossing rates for the FSMC model, which is a measure of the rapidity of the fading.
3 Flow-level and packet-level traffic models for multimedia services
On-off flow-level traffic dynamics
According to delay-sensitivity, popular mobile applications can be broadly categorized into four classes, namely, conversational, interactive, streaming, and background [21] . The background class is the most delay-tolerant and of the best-effort service nature. As the most delaysensitive class, the conversational class is characterized by two-way conversational communication pattern and subject to strict delay bound of tens or hundreds of milliseconds. Voice telephony and video telephony are typical services of the conversational class. The interactive class comprises services of a request-response pattern, such as Web browsing, E-mail server access, and voice messaging. It features a variable call duration, which depends on the file size and available bandwidth. As a main performance criterion, the call duration is also known as the response time [22, 23] to measure the service responsiveness, e.g., how fast a Web page is successfully downloaded and appears after it has been requested. Although the response time should be bounded to maintain fluent interactions, the delay requirement is far less stringent than that of the conversational class. Approximately, a transfer delay of 2 to 4 s is acceptable to most interactive services. The streaming class is meant for services having the content played back at the receiver during delivery. Streaming services are primarily unidirectional, such as video surveillance, movie clip streaming, and audio streaming. As the time relation between information entities of a streaming flow must be preserved, the transfer delay variation needs to be bounded. A playout buffer can be introduced to counter against traffic burstiness and absorb delay jitter resulting from network bandwidth variation. As seen, there are particularly two major types of video services, i.e., conversational video (e.g., video telephony) and video streaming [24] . Conversational video is characterized by stringent end-to-end latency constraint and two-way traffic with a bursty pattern due to the use of live video encoder. In contrast, video streaming usually only involves with one-way downlink traffic. Video streams can be pre-stored at application servers and allow for a prerolling delay (normally less than 10 s) before the start of video playback. As such, video streaming applications are more concerned with playback smoothness, and the delay constraint is relaxed in some sense. Our study focuses on interactive data service and conversational video service. Given a finite user population in the vehicle mobile hotspot, N v and N d denote the maximum numbers of video flows and data flows admitted in the hotspot, respectively. Suppose each user alternates between on and off phases [25, 26] as illustrated in Figure 2 . After the completion of a video or data flow, the user takes a random idle time before starting the next service request. The idle time is assumed to follow an exponential distribution with means of 1/λ 1 and 1/λ 2 for video and data users, respectively. The response time of data flows, i.e., the data flow duration, depends on the data file size and available bandwidth. In contrast, the video flow duration is independent of the transmission rate and subject to a strict constraint so as to preserve the intrinsic time relation of the flow. The video flow duration is usually in the order of minutes [27] and assumed to be exponentially distributed with a mean 1/μ 1 .
Packet-level video traffic with batch arrivals
Although the response time of data flows needs to be bounded to ensure smooth interactions, data service can accept elastic bandwidth. Packet arrivals in the active period are assumed to be saturated. Suppose there is a fixed size L d for data packets. The number of packets in a data flow (denoted by X d ) follows a geometric distribution with a mean of 1/η d .
On the other hand, video flows have a strict rate requirement to maintain the time relation of video packets. This is because video traffic is usually encoded and compressed over frames captured at fixed intervals. To remove temporal redundancy, intracoded (I) frames are interleaved with predicted (P) frames and bidirectionally coded (B) frames. As observed in [28] , a hypothesized and independent distribution such as gamma, Erlang, and Weibull distribution can capture the statistics of video frame size, given that the fixed inter-arrival time and batch structure of video bursts are preserved. Assume an exponential distribution for the video flow duration and a fixed inter-arrival time of video bursts, which is denoted by τ b = Hτ p (H time The number of packets in a batch is modeled by a negative binomial distribution (NB), which is a discrete analog of Gamma distribution. The PMF of the batch size (denoted by A) is given by
where the binomial coefficient
The parameters p and r can be obtained by fitting the mean and variance of the batch size:
To interpret the physical meaning of p and r, we can view the number of packets in a batch as the outcome of a sequence of independent Bernoulli trials. Given p as the probability of 'success' in each trial, the number of successes to observe r 'failures' follows an NB distribution in (10).
Markov-modulated fluid model for aggregate traffic
As shown in Figure 1 , traffic flows from the mobile hotspot can be first aggregated at the AP before relayed toward the BS. The multiplexed traffic exhibits high correlation, due to on-off flow dynamics and long-range dependency of video traffic. As it is complex and expensive to apply service differentiation at the AP, we consider the traffic from the mobile hotspot as an aggregate flow and characterize it with a Markov-modulated fluid model in Figure 3 . A histogram-based technique [29] can be used to measure the varying traffic rate of an aggregate flow over a fixed interval τ a . According to predefined rate boundaries, the aggregate flow is classified into M states. The fluid rate (in packets/s) for state i is defined by the average rate of state-i traffic segments, denoted by R i , i = 0, 1, ..., M − 1. The transition probability from state i to state j is estimated from the normalized relative frequency of transitions, that is, to transmit all the packets of a data flow in such a state is described by a probability generating function (PGF) as follows a :
where X d and S d follow geometric distributions with PGF given by
As seen in (13), the expected data call duration follows a geometric distribution of a mean 1/(ν d η d ) when there are n v active video users and n d active data users. Nonetheless, the data call duration is state dependent with varying active users. Therefore, we need to average the call duration with flow-level dynamics. To measure service responsiveness, we refer to the overall data call duration as data response time and evaluate its first and second moments in the following. According to the DCF access mechanism, packets from active flows take turns to be served, which is similar to the processor sharing (PS) discipline of a queueing system or a time-sharing computer system. A fair share of the total serving capacity is dedicated to each active flow, that is, the WLAN channel operates like a symmetric queueing system [30] . Hence, we model the dynamics of video and data flows in the mobile hotspot by a closed queueing network in Figure 4 , where two customer classes of finite populations N v and N d are served in a PS manner. The queueing state is defined as the numbers of active video and data users, i.e., n = (n 1 , n 2 ), where 0 ≤ n 1 ≤ N v and 0 ≤ n 2 ≤ N d . Using the analytical approach in [31] , we have the state transition rate matrix Q to describe the queueing dynamics of an underlying birth-and-death process, whose elements are given by
where
e j is a two-dimensional unit vector, whose only non-zero element is the jth element equal to 1, and δ is the Kronecker delta symbol. Here, the service rate μ 2 (n) depends on the average number of packets in a data flow (η To further evaluate the response time of data flows, we need to consider a modified birth-and-death process, in which a tagged data flow sees k active flows in service at its time of entry. Here,
(with one less than in the original process). The equilibrium distribution of the modified process is obtained similarly and denoted byπ vd . Using the approach in [31] , we obtain the first and second moments of data response time as
and J = 2 indicates that the above derivation is for the class of data flows.
Packet-level analysis for video traffic over WLAN link
For interactive data service with saturated traffic, the packet access delay is evaluated in Section 2.2, while the response time of data flows is analyzed with the closed queueing network in Section 4.1. On the other hand, conversational video service is more sensitive to packet delay because of strict real-time requirement. In this section, we further investigate the video packet delay, taking into account batch arrival structure and varying serving capacity. Due to channel variations and flow-level dynamics, the available packet service rate is time-varying and state dependent. It is generally intractable to analytically evaluate the performance with such complex traffic and channel models. In [22, 32] the performance bounds are derived for different regimes. Motivated by such findings, we can approximate the performance with lower and upper bounds, assuming that the traffic is served with a constant average capacity in the fluid regime or the capacity available in a state in the quasi-stationary regime. Specifically, given the state-dependent service time S v (n) for video packets, we have the average serving capacity
Then, by assuming a constant service time S v , a lower bound for the video packet delay (denoted by T v ) can be obtained as
On the other hand, an upper delay bound is a probabilistic average of the conditional delay with the serving capacity available in each state, i.e.,
To evaluate the packet delay with a certain serving capacity, S v or S v (n), we use a D/G/1 queueing model since video packet batches arrive over fixed burst intervals. The delay experienced by a tagged packet in a video batch (T v ) consists of three independent components: (1) the waiting time of the first packet of that batch to be served, denoted by W b ; (2) the waiting time due to the transmission of the packets of that batch queued before the tagged packet, denoted by W q ; and (3) the transmission time of the tagged packet S v , which is modeled by a geometric distribution. Firstly, W b is the waiting time of the first packet generated in a video batch. To evaluate W b with a queueing system, each video batch can be regarded as a single customer whose service time is the total transmission time of all packets in a batch. An analytical approach is introduced in [33] for the waiting time of a D/G/1 queue, where the http://jwcn.eurasipjournals.com/content/2013/1/142 inter-arrival time is deterministic and the service time follows a general distribution. As defined in Sections 2.2 and 3.2, the packet transmission time follows a geometric distribution in (5) , and the batch size is modeled by a negative binomial distribution in (10) . Then the PGF of the total service time of a video batch is given by
where A(·) and S v (·) are respectively the PGF of the NB distribution and geometric distribution that are as follows:
Then using the approach in [33] , we obtain the PGF of the waiting time W b as
where H is the burst interval in time units, z 1 , ..., z H−1 are the unique roots of z H − G(z) = 0 within the unit circle |z| < 1, and is a normalization constant. When H is large, we can apply the Muller method [34] to numerically find the roots z k . The normalization constant is calculated by
Based on (24) , the mean and variance of W b are respectively given by
Next, W q is the waiting time of a tagged packet to transmit all the other packets that are generated in the same video batch of the tagged packet but queued before it. Clearly, W q depends on the batch size A and the position of the tagged packet. According to the analysis in [35] , the probability that an arbitrary tagged packet falls within a batch of a size k is given by k · P[ A = k] / A. If n packets from the same video batch as the tagged packet are queued prior to it, the batch size must be no less than n. Hence, we obtain the PGF of the number of packets queued before the tagged one as
The packet transmission time S v is assumed to be geometrically distributed with its PGF given in (23) . The PGF of the waiting time W q is then
Hence, the kth factorial moment of W q is obtained from (29) as follows
The mean and variance of W q are then
Since the overall packet delay consists of three independent components, the corresponding PGF of the packet delay is obtained from (23) , (24) , and (29) as
The mean and variance of packet delay can be evaluated accordingly by
Multiplexed traffic over highly varying WWAN link
Given two heterogeneous links to support mobile hotspots, there are various causes for packet loss. Inside the mobile hotspot, we focus on packet loss due to collisions over the WLAN link [2] , in view of the small scale of a vehicle and the relatively stationary AP and user terminals. The collision probabilities p v and p d for video and data packets are derived in (1) and (2) . Given a maximum retransmission limit L r , we have the packet loss probability due to collisions
Moreover, the highly varying WWAN link may introduce packet loss due to Nakagami channel fading. Consider AMC based on SNR ranges γ n for N transmission modes. The probability of choosing mode n is given by
,
where p s (γ ), given in (8) , is the PDF of the received SNR over the Nakagami fading channel, and ϒ(m, x) = ∞ x t m−1 e −t dt is the upper incomplete gamma function. The packet error rate in the presence of AWGN noise can be approximated by a piecewise exponential function [36] :
Normally, γ n > ϕ n , then the packet error rate of mode n is given by [37] 
where b n = (m/γ ) + g n . Obviously, ζ 0 = 1 for mode 0 in deep fades. Therefore, we obtain the packet loss probability due to channel fading as
where β n is the modulation and coding rate in bits/symbol. According to the search algorithm in [37] , the SNR ranges γ n (n = 1, ..., N) are determined so that ζ n = P 0 , which naturally leads to P f = P 0 . Further, the aggregate traffic from the mobile hotspot is multiplexed as an M-state Markov-modulated fluid flow at the AP before relayed over the WWAN link toward the BS. To bound the packet delay for real-time traffic, a buffer limit B t (packets) can be applied to the transmission queue. Then, buffer overflow also leads to data loss. Based on the level crossing rates of N transmission modes, the WWAN link with AMC and Nakagami fading is characterized by an (N + 1)-state FSMC model [20] . Therefore, the statistics of the queue length can be analyzed with a fluid approach [38] . We defined a coupled traffic and link state k = (N + 1)(i − 1) + j, which indicates that the aggregate flow is in state i and the WWAN link is in state j, where 0
Let F k (x) denote the joint probability that the system is in state k and the queue length is no greater than x. Then, the equilibrium queue length distribution satisfies [39] dF (x) dx
] is a diagonal matrix with the diagonal elements being the multiplexed traffic rates (packets/s) at M states; The solution to the above differential equation system takes the following form:
where u k and k are the eigenvalues and row eigenvectors of BD −1 , respectively. It is straightforward to have u 0 = 0, 0 = ψ, and ψB = 0. The a k s are constants to be determined by invoking boundary conditions [38] . That is, for an arbitrary coupled system state k, 
The general queue length distribution in equilibrium is then
Thus, the probability of packet loss due to buffer overflow is given by
As packet loss is attributed to access collision, channel fading, and buffer overflow, the overall packet loss probability is obtained from (34) , (38) , and (43) as
The packet delay over the WWAN link is obtained by the Little's law as
Numerical results and discussions
Although data and video users alternate between active and idle states, the number of admitted users should be restricted with admission control so that admitted users are provided QoS assurance. Based on the analytical framework in Section 4, we can determine the maximum numbers of videos and data users admissible to the mobile hotspot so that the data response time and video packet delay are bounded. In this section, we first present numerical results to validate the accuracy of the analysis and demonstrate its application to admission control. Table 2 gives the system parameters for numerical analysis. In particular, the WLAN link settings follow the specification of IEEE 802.11. The WWAN link adopts the AMC algorithm in [37] . The data traffic model refers to the evaluation standards for the universal mobile telecommunications system (UMTS) [25, 26] . The video traffic parameters are based on H.264/AVC video traces of Tokyo Olympics and NBC News [40] . These video sequences have a CIF (352 × 288) resolution, a fixed rate of 30 frames/s, a GoP size of 16, 7 B frames between two I/P key pictures, and a quantization step-size indexed at 38.
Validation of analytical framework
Using the approaches in Section 4, we evaluate the data flow response time and video packet delay. As our numerical analysis involves complex calculations, we use the Symbolic Math Toolbox of MATLAB 7.10.0 (R2010a) (MathWorks Inc., Natick, MA, USA) to solve nonlinear equation systems, one-sided limit, derivatives, and definite integrals. To verify the accuracy of the analysis, we develop an event-driven simulator with C++ for a mobile hotspot using the channel models presented in Section 2. Multimedia traffic is generated according to the traffic models in Section 3. Figure 5a compares the simulation results with the analytical results in terms of data response time when there are N v = 5 video users and varying data users. As seen, the analytical results match well the simulation results. Figure 6 shows the pairs of (N v , N d ) as the admission region with the system parameters in Table 2 . For example, as shown in the red circle, when N v = 10, the maximum number of data users allowed in the mobile hotspot is N d = 14. For the points at the boundary of the admission region, we present the corresponding video and data performance in Figure 7 . It can be seen that the data response time and video packet delay are bounded if the numbers of video and data users are within the admission region.
Application to admission control for mobile hotspots
A useful aspect of the analytical framework is to effectively adapt the admission control with traffic and channel variations. The admission region in Figure 6 is obtained with an average idle time of 50 s and 12 s for video and data users, respectively. i.e., with a shorter idle time, the admission region must be updated timely to avoid performance outage. An effective and accurate analytical framework is important to enable adaptive admission control. The performance of the mobile hotspot also depends on the distance between the AP and the BS and the transmission buffer limit [2] . As discussed in Section 4.3, the average received SNR of the WWAN link affects the fading loss and achievable data rate. The distance between the AP and the BS is an essential factor to determine the average SNR (γ ) as well as the fading severity parameter (m). As found in [41, 42] , the fading severity parameter is inversely proportional to the transmitter-receiver separation distance. An empirical relationship is also developed in [43] . Figure 9a clearly demonstrates the effect of the distance. As seen when the vehicle moves away from the BS and the distance is greater than 400 m, the packet loss probability violates the upper bound of 1%. The mobile hotspot can be handed over to a closer or stronger BS in the vicinity. In view of the trade-off between the packet delay and loss probability illustrated in Figure 9b , we can also enlarge the transmission buffer size to mitigate data loss if the increasing packet delay is still acceptable.
Conclusions
In this paper, we study admission control for heterogeneous mobile hotspots to offer ubiquitous multimedia services in a vehicular environment. To derive the maximum numbers of admissible users, we develop a comprehensive analytical framework to evaluate the achievable performance. A Nakagami fading channel with AMC is considered for the WWAN link, whereas the contentionbased WLAN link is characterized by a state-dependent birth-and-death process. Taking into account on-off user dynamics at the flow level, we model the time-varying packet service time in the WLAN with state-dependent geometric distributions. Moreover, the proposed analytical approach addresses the unique video traffic feature of batch packet arrivals. The delay and loss performance within the mobile hotspot is effectively analyzed by means of a closed queueing network in a processorsharing manner and a discrete-time D/G/1 queueing system with batch arrivals. Further, we apply the well-known fluid approach to evaluate the performance of Markovmodulated aggregate traffic from the mobile hotspot over a highly varying WWAN channel modeled by a finite-state Markov chain. As seen in the simulation and analytical results, the multimedia QoS requirement is satisfied when we limit the number of users admitted in the mobile hotspots using the proposed approach. In the future work, it would be interesting to use the proposed analysis to develop an efficient handoff algorithm adaptive to traffic and channel variations.
Endnote
a The parameters n v and n d are skipped for presentation clarity.
